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Abstract: This work examined the effect of band power weighting on
understanding stimuli synthesized with temporal envelope or Hilbert-
fine-structure (HFS) waveforms. The power of modulated carrier in a
vocoder model or HFS waveform was level-matched to that of the
bandpass filtered signal (matched condition) or equalized across bands
(flat condition). The processed stimuli were played to normal-hearing
listeners to recognize. For both vocoded and HFS stimuli, there was no
significant performance difference between the matched and flat power-
weighting conditions, suggesting that band power weighting did not
notably influence the intelligibility of stimuli synthesized with temporal
information from a few bands.
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1. Introduction
Temporal envelope and fine-structure are two important temporal cues for speech per-
ception. A vocoder model has been long used to assess the perceptual contribution of
temporal envelope and how that contribution varies with parameter changes in the
vocoding process (e.g., Shannon et al., 1995; Dorman et al., 1997). Vocoder processing
involves decomposition of the input speech signal into multiple analysis bands, fol-
lowed by envelope extraction and modulation of a carrier signal. There are two com-
mon types of carrier signals used in vocoder processing, i.e., pure-tone and white noise,
yielding tone-vocoded and noise-vocoded stimuli, respectively (e.g., Dorman et al.,
1997; Chen et al., 2017). Early studies have reported that many vocoder processing
parameters affect the intelligibility of vocoded stimuli, including the number of bands
(e.g., Shannon et al., 1995; Dorman et al., 1997), the cutoff frequency used to extract
the envelope waveform (e.g., Shannon et al., 1995; Dorman et al., 1997), spectral holes
(e.g., Shannon et al., 2002; Kasturi et al., 2002), and carrier signal type (i.e., pure-tone
or noise) (e.g., Whitmal et al., 2007; Chen et al., 2017). Vocoder models preserve only
temporal envelope information in each band, while discarding underlying fine-structure
(or phase) information. Most of the existing cochlear implant (CI) speech processors
capture multi-band temporal envelope waveforms of sound inputs, and then generate
electric stimulations that excite CI users’ residual auditory nerves directly. As vocoder
processing aims to transfer only those acoustic cues that are present for CI users, it
simulates the signal processing of a CI (Chen and Loizou, 2011). In contrast to
vocoded stimuli, temporal fine-structure based stimuli contain only fast-varying Hilbert
fine-structure (HFS) information (commonly extracted with Hilbert transform), while
removing slow-varying amplitude variation information (e.g., Smith et al., 2002;
Gilbert and Lorenzi, 2006; Lorenzi et al., 2006). Studies have showed that stimuli syn-
thesized with multiple fine-structure waveforms of all analysis bands (discarding the
envelope waveform) also carried intelligibility information. Notably, Smith et al.
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(2002) showed that speech processed in 1–2 bands to contain only temporal fine-
structure cues was highly intelligible. Additionally, Gilbert and Lorenzi (2006) reported
that the contribution of the recovered envelope cues in the HFS stimuli diminished
when more than eight bands were used. Fine-structure also carries important informa-
tion for lexical tone identification, music appreciation and other tasks requiring pitch
perception (e.g., Smith et al., 2002). The analysis of temporal envelope and fine-
structure largely simulates the sound processing by human auditory system. Auditory
neurons respond to temporal envelope and fine-structure via their fluctuations in the
short-term rate of firing and by the synchronization of nerve spikes to a specific phase
of temporal fine-structure, respectively (Lorenzi et al., 2006).
Some early work studied the perceptual importance of spectral bands only
containing temporal envelope waveforms (e.g., Shannon et al., 2002; Kasturi and
Loizou, 2002; Apoux and Bacon, 2004). Using the spectral-hole method to assess the
intelligibility of speech signals with a single hole in each of several spectral bands,
Kasturi and Loizou (2002) found uneven weighting across bands for vowel identifica-
tion and further found that the generated band-weighting function was relatively flat
for consonant identification. Also using the spectral-hole method, Apoux and Bacon
(2004) showed that all bands contributed equally to consonant identification in the
absence of noise. When temporal information from all bands is present in the synthesis
of vocoded and HFS stimuli, it is essential to take into account the impact of power
weighting across bands on intelligibility. Regarding the synthesis of HFS stimuli, band
power weighting has been commonly used (e.g., Gilbert and Lorenzi, 2006; Lorenzi
et al., 2006), because HFS waveforms do not have temporal amplitude variation.
Vocoder processing in several studies adjusted the level of vocoded output bands to
match those of the bandpass filtered signals (processed by analysis filters) (e.g.,
Whitmal III et al., 2007; Rosen et al., 2015). However, early vocoder research did not
include substantial assessments of the effects of power weighting across bands on intel-
ligibility, and in some studies the powers of vocoded output bands were not matched
to those of the bandpass filtered signals processed by analysis filters (e.g., Shannon,
et al., 1995; Dorman et al., 1997; Qin and Oxenham, 2005).
The aim of this work was to evaluate how power weighting across bands
affects the intelligibility of three types of stimuli synthesized with temporal informa-
tion, including vocoded (both tone- and noise-vocoded) and HFS stimuli. Two band
power weighting conditions were implemented in the synthesis of vocoded and HFS
stimuli: (1) matched weighting, wherein the level of modulated carrier or temporal
fine-structure waveform in each band was matched to that of the bandpass filtered sig-
nal processed by the analysis filter and (2) flat weighting, wherein the levels of all mod-
ulated carriers or temporal fine-structure waveforms were equalized. The matched and
flat weighting conditions preserved and removed the original power weighting across
bands, respectively. We further examined whether removing the original power weight-
ing across bands would deteriorate the understanding of vocoded and HFS sentences.
2. Methods
2.1 Subjects
Twelve (7 males and 5 females) native-Mandarin-Chinese listeners (18–23 years old)
participated in this study. All participants were undergraduate students at Southern
University of Science and Technology, and were paid for their participation. All sub-
jects had normal-hearing with pure-tone thresholds better or equal to a 20 dB hearing
level from 250 to 8000Hz. The study protocol was approved by the Human Research
Ethics Committee for Non-clinical Faculties of Southern University of Science and
Technology.
2.2 Materials
The speech material consisted of sentences taken from the Mandarin Hearing in Noise
Test (MHINT) database (Wong et al., 2007), which includes 24 lists of 10 sentences,
with each sentence containing ten key words. All of the sentences were produced by a
male speaker with a fundamental frequency range of 75–180Hz. A steady-state speech-
shaped noise was used to corrupt the clean sentences before they were processed by the
vocoder or HFS synthesizer. A random noise segment of the same length as the clean
speech signal was cut out of the noise recordings, scaled to the desired input signal-
to-noise (SNR) level, and added to the speech signals at a 3 dB (for tone-vocoding and
HFS processing) or 5 dB (for noise-vocoding processing) input SNR level. Input SNR
levels were chosen based on performance in a pilot study to avoid ceiling/floor effects.
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2.3 Signal processing
Three types of signal processing were used in this work: tone-vocoding, noise-vocoding,
and HFS synthesis. To implement the tone-vocoding processing, speech signals (3 dB
SNR) were processed through a pre-emphasis filter (first-order high-pass filter with a
1200-Hz cutoff frequency). Then, the signals were bandpass-filtered into N¼ 4 or N¼ 8
frequency bands between 80 and 6000Hz with sixth-order Butterworth filters. The cut-
off frequencies for the band allocation of bandpass filters were (in Hz): {80, 426, 1158,
2710, 6000} for the N¼ 4 experiment and {80, 221, 426, 724, 1158, 1790, 2710, 4050,
and 6000} for the N¼ 8 experiment (Greenwood, 1990). The envelope was extracted
from each band by half-wave rectification and low-pass filtering with a 160-Hz cutoff
frequency by way of a fourth-order Butterworth filter. Sine waves at the center frequen-
cies of the bandpass filters were generated with amplitudes modulated by the extracted
envelopes. All amplitude-modulated sine waves from the resultant set of bands were
weighted by two conditions: (1) flat weighting with all waves adjusted to have the same
root-mean-square (RMS) energy and (2) matched weighting with band-specific temporal
waveform adjusted to have an RMS energy that was the same as that of the bandpass
filtered signal. All weighted waves were summed to generate a tone-vocoded stimulus,
whose RMS energy scaling was performed with respect to the input speech signal.
Implementation of the noise-vocoding processing was similar to that of the
tone vocoder, except that a white noise was used as the carrier signal instead of a sine
wave and amplitude-modulated by the extracted envelope. The output from each band
was further band-limited with the same bandpass filter at that band. All amplitude-
modulated noises (with band-limiting processing) were subjected to flat or matched
weighting, and summed to generate a noise-vocoded stimulus, with its amplitude
adjusted to match the RMS power of the original input speech signal.
The signal processing for implementing the HFS synthesis was conducted as
described by Lorenzi et al. (2006). Input speech signals (3 dB SNR) were first split into
N¼ 4, 6, 8, or 10 frequency bands. The cutoff frequencies for the band allocation of
bandpass filters were (in Hz): {80, 426, 1158, 2710, 6000} for N¼ 4, {80, 281, 612,
1158, 2060, 3547, 6000} for N¼ 6, {80, 221, 426, 724, 1158, 1790, 2710, 4050, and
6000} for N¼ 8, and {80, 188, 334, 532, 798, 1158, 1644, 2301, 3197, 4384, 6000} for
N¼ 10 (Greenwood, 1990). The Hilbert transform was applied to the band-passed sig-
nals to obtain HFS waveforms. The envelope components were discarded, while the
N-band HFS components were subjected to flat or matched weighting, summed, and
adjusted to match the RMS level of the original input speech signal. The examples of
all types of stimuli will be provided upon request.
2.4 Procedure
Stimuli were played to listeners diotically through an HD 650 circumaural headphone
(Sennheiser, Germany) set at a comfortable listening level in a sound booth. Before
testing, each subject participated in a 10-min training session and was given three lists
of ten MHINT sentences. The training session familiarized the subjects with the test
procedure and conditions. During training, the subjects were allowed to read tran-
scripts of the training sentences while listening to them. Three testing conditions (tone-
vocoded, noise-vocoded, and HFS synthesis; implemented with N¼ 4 bands and
matched weighting) were used in training.
In the testing session, the order of testing conditions was randomized across
subjects, and the subjects were asked to repeat orally all of the words they heard. In
addition, the lists were randomized across listeners. The sentences used during testing
were not the same as any of the training sentences. Each subject participated in a total
of 16 conditions [4 tone-vocoded conditions (N¼ 4 and 8, with 2 weighting conditions)
þ 4 noise-vocoded conditions (N¼ 4 and 8, with 2 weighting conditions) þ 8 tone-
vocoded conditions (N¼ 4, 6, 8, and 10, with 2 weighting conditions)]. One list of ten
Mandarin sentences was used per testing condition, and none of the sentences was
repeated across conditions. Subjects were allowed to listen to each stimulus a maxi-
mum of three times, and were asked to repeat as many words as they could recognize.
The participants used a simple custom software interface designed for the listening
experiment to control the auditory delivery of the processed stimuli. An investigator
accompanied each participant and scored his/her responses. The oral responses were
also digitally audio-recorded for the purpose of later verification. A 5-min break was
given every 30min to avoid listening fatigue. The intelligibility score for each condition
was computed as the ratio between the number of correctly recognized words and the
total number of words contained in each MHINT list.
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2.5 Data analysis
Percentage correct scores were converted to rational arcsine units with the rationalized
arcsine transform (Studebaker, 1985). Two-way repeated measures analyses of variance
(rmANOVAs) were used to detect statistically significant variations in percentage cor-
rect score (dependent variable) with the number of bands and the weighting condition
as within-subject factors. The paired t-test was used for pair-wise post hoc analyses.
3. Results
The mean recognition scores for tone-vocoded stimuli under all testing conditions are
shown in Fig. 1(a). A two-way rmANOVA indicated a significant effect of the number
of bands (F1,11¼ 95.997, p< 0.005), but not weighting condition (F1,11¼ 0.185,
p¼ 0.676), and no significant interaction between these two factors (F1,11¼ 0.133,
p¼ 0.723) for tone-vocoded stimuli. The mean recognition scores for noise-vocoded
stimuli under all testing conditions are shown in Fig. 1(b). A two-way rmANOVA
revealed a significant effect of the number of bands (F1,11¼ 101.781, p< 0.005), but
not weighting condition (F1,11¼ 0.008, p¼ 0.929), and no significant interaction
between these two factors (F1,11¼ 2.147, p¼ 0.171) for noise-vocoded stimuli. In both
Figs. 1(a) and 1(b), post hoc analyses showed that for all paired comparisons (i.e.,
matched weighting vs flat weighting) with the same number of bands, there were no
significant differences between the two types of weighting conditions (p> 0.05).
The mean recognition scores of HFS-based stimuli under all testing conditions
are shown in Fig. 2. A two-way rmANOVA revealed a significant effect of the number
of bands (F1,11¼ 21.776, p< 0.005), but not weighting condition (F1,11¼ 0.007,
p¼ 0.936), and no significant interaction between the two factors (F1,11¼ 0.650,
p¼ 0.589). Post hoc analyses showed that for all paired comparisons (i.e., matched
weighting vs flat weighting) with the same number of bands, there were no significant
differences between the two types of weighting conditions (p> 0.05).
4. Discussion and conclusions
The present work extended those prior findings (e.g., Shannon et al., 2002; Kasturi
and Loizou, 2002; Apoux and Bacon, 2004) by further examining the perceptual
importance of temporal information (i.e., temporal envelope and fine-structure) in vari-
ous frequency regions for sentence recognition. In contrast to prior studies implement-
ing a spectral hole in speech synthesis, this work modified the original band power
weighting (i.e., matched weighting) to include a flat weighting condition, thereby
removing the original band power weighting in the synthesis of temporal information
(both envelope and fine-structure) based stimuli. We used flat power weighting across
Fig. 1. Mean sentence recognition scores for all (a) tone-vocoded and (b) noise-vocoded conditions. The error
bars denote 61 standard error of the mean. “ns” denotes that the score difference between the two weighting
conditions is non-significant.
Fig. 2. Mean sentence recognition scores for all HFS-based conditions. The error bars denote61 standard error
of the mean. “ns” denotes that the score difference between the two weighting conditions is non-significant.
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bands in vocoder processing and in HFS based stimulus synthesis. Use of a flat power
weighting (band power not adjusted on an in-band basis) obviated the energy differ-
ence across the outputs of all bands, leaving perceptual cues to be carried largely by
the temporal information contained in the vocoded or HFS waveform. Compared with
the band-specific power weighting condition, removal of the original power weighting
among bands did not alter speech recognition performance significantly, suggesting
that the original power weighting across bands contributed little to the recognition of
vocoded and HFS-based sentences in the scenarios of speech synthesis with multiple
envelope or FHS waveforms from a few bands (e.g., 4 to 8).
The finding of this work has useful implication for experiments using vocoded
stimuli as CI simulation. While the perceptual influences of many factors have been
examined for vocoded stimuli, the impact of band power weighting in vocoder process-
ing was not widely studied, hence rendering inconsistence (i.e., whether or not match-
ing the powers of vocoded output bands to those of the bandpass filtered signals proc-
essed by analysis filters) in vocoder processing in literature. The present work indicated
that the choice of band power weighting did not notably influence the understanding
of vocoded (either tone- or noise-vocoded) stimuli in CI simulation.
In conclusion, the present work examined the effect of power weighting across
all output bands on the intelligibility of noise- or tone-vocoded and HFS-based stimuli.
Employing flat band power weighting did not degrade the understanding of vocoded
or HFS sentences, suggesting that under a fixed number of spectral bands, removing
the original band power weighting does not impact the understanding of stimuli syn-
thesized with temporal information, including temporal envelope or fine-structure.
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